Abstract -New approaches to hybrid in band on channel (HIBOC) FM systems for digital audio broadcasting based on multistream transmission methodology and multidescriptive audio coding techniques are introduced in this paper. These ideas combined with a lower per sideband audio coding rate and more powerful channel codes result in robust transmission and graceful degradation in variable interference channels. By also using orthogonal frequency division multiplexing techniques with a nonuniform power profile combined with unequal error protection and sideband time diversity, we arrive at new HIBOC FM schemes with extended coverage and better peak audio quality than previously proposed. The paper provides approximate performance analysis for potential systems including audio coding quality.
INTRODUCTION
Systems for digital audio broadcasting of CD quality stereo music simultaneously with analog FM are being developed and evaluated in the United States. No new frequency band has been allocated for this service for terrestrial broadcasting. It is proposed that at first digital transmission will take place simultaneously with existing analog FM in the FM band. An evolution to an all digital audio broadcasting system is envisioned. A similar service is planned for AM.
Digital broadcasting inside the FCC emission mask can take place in a so called hybrid in band on channel (hybrid IBOC or HIBOC) system where the digital information is transmitted at a lower power level (typically 25 dB lower) than the analog host FM signal. This digital transmission is done in subbands on both sides of the analog host signal. The composite signal is typically 400 kHz wide with the FM carrier in the middle. The digital sidebands are typically about 70 kHz wide at the upper and lower edge of the composite signal (see power spectra below).
One current design proposal for hybrid in band on channel (also denoted HIBOC) FM systems uses 96 kb/sec perceptual audio coding, PAC, audio coding [l] , [2] in a single Warren, NJ 07059 Holmdel, NJ 07933 stream transmission configuration over two sidebands with orthogonal frequency division multiplexing (OFDM) type of modulation. The two frequency sidebands for digital audio are transmitted on each side of the host analog FM signal inside the FCC emission mask. A uniform OFDM power profile is used. The channel coding is rate 415, memory 6 on each sideband with a total combined rate of 215, memory 6 in a complementary punctured pair convolutional (CPPC) channel coding configuration with both sidebands [3], [4] , [5] .
By employing the idea of' multistream transmission [6] on the two sidebands combined with multidescriptive audio coding [6] , {7] we achieve graceful degradation in the presence of potentially severe one sided first adjacent interference. Further robustness to this type of interference is obtained by introducing a bit error sensitivity classifier in the audio coding algorithm and transmit bits in separate classes with different channel codes and different frequency bands [8] . More powerful channel codes, [9]-[14] , and sideband time diversity give further improvements, especially for slow fading, [15] . In the discussion section we also list methods for further improvements, such as the use of list Viterbi algorithms [le] , [17] , [18] and simultaneous transmission of analog host FM and digital information by means of precancelling techniques, [19] , [20] .
NEW APPROACHES TO HIBOC FM
With new approaches, it should be possible to improve the signal to noise ratio on one sideband transmission with up to approximately 10 dB leading to much better digital audio broadcasting coverage. The elements in the improved systems are the following: Improved audio coding with 64 kb/sec per sideband allowing for more powerful rate 1/2 channel coding. Multistream (MS) transmission with multidescriptive (MD) audio coding with two level unequal error protection (UEP) and with sideband time diversity. Furthermore we use nonuniform OFDM power profiles for better first adjacent and second adjacent interference rejection, see Figure 1 . This type of nonuniform power profile may also be better matched to the power amplifier. Multidescriptive Coding: Source is encoded into two or more equivalent streams such that any of these may be decoded independently as well as in combination with other substream for corresponding audio quality. Bits-stream Partitioning: The bits are partitioned into 2 or more classes of differing sensitivity to bit errors (typically utilized in an unequal error protection, UEP scheme). Embedded Coding: Source is encoded with a core or essential bit stream and one or more enhancement bit streams.
A particular transmission system may employ one or more of the above techniques for producing multistream representation of the source.
In systems 2 and 3 above, 4 stream encoding techniques with the overall source coder rate of 128 kbps are employed. Each of the 4 substreams corresponds to an average rate of about 32 kbps. To produce these four streams, the audio signal is first encoded using a multidescriptive scheme to produce 2 streams, at 64 kbps each. Each of the streams is then further subdivided into two substreams of equal sizes using a bit stream classifier; i.e., { I , I I } , and {I',II'}. The resulting four streams ~ I , I I , I ' , and, 11' -are then transmitted over part of the FM spectrum as in systems 2 and 3 , see Figures 2 and 3 . In system 2, the most significant bits (streams I and 1') are transmitted in the middle bands. In a 4 stream configuration, the outer bands are combined and in a 6 stream system sent separately.
Using the 4 stream system there are several built in digital blending modes which allow for graceful degradation. These modes are summarized in Table 2 . transmission with 4 or 6 streams. This is system 2 in Table 1 . Interleavers are used but not shown explicitly.
Conceptual simplified block diagram for a proposed system based on 64 kb/sec multidescriptive PAC and UEP. Multistream
Better than 96 kbps
I Better than Analoe: AM In [6] for AM systems, it was proposed that a delay be applied between the two sides in the Digital HIBOC FM system. This delay leads to time diversity gain in the presence of time varying fade conditions. This time delay concept can be advantageously applied to the multistream systems and leads to substantial gains as evident from the following simple calculation. Let's assume streams 1 and I' are delayed substantially with respect to each other so that the packet loss error events are independent for the two streams and have the identical probability, PF. Then the probability that PAC decoder faces the loss of a particular packet in both streams I and I' is of the order of P : .
Given the complementary nature of audio information in streams I and I' it is therefore obvious that decodable audio would be available with a Substantially higher probability in the multistream system with delay (1.0 -P$ vs.
SYSTEM PERFORMANCE EVALUATION
3.1 Channel Code Selection
With a free distance of d f = 4 for the R = 415, M = 6 code in the basic reference system, we can project the SNR gains on a Gaussian channel with the rate 1/2 codes as shown in Table Multistream transmission with 4 streams. This is system 3 in Table l. Interleavers are not shown explicitly.
Rate 112 Viterbi J M = 6, rate 215 (double sided) code in Table 3 for reference. Here we can see that the one sided 64 kb/sec rate 112 system, with M = 6 is comparable to the 96 kb/sec, double sided rate 215, M = 6 system. We can also conclude from Table 3 that the M > 8 rate 112 systems are superior to the M = 6, rate 215 scheme. It is also interesting to conclude that the rate 112, M = 6, double sided system with 128 kb/sec audio is identical to the one sided version in Table 3 and thus comparable to the rate 2/5, M = 6, 96 kb/sec system in asymptotic error rate performance for the Gaussian channel. (There may not be total gain on bits of type I with profile b is 8-9.4 dB on a Gaussian channel. These gain numbers will be higher for fading channels.
For the Gaussian channel we can predict a gain of approximately 8 dB in band B with a rate 1/2 code and a 64 kb/sec audio coder. In bands A and C the SNR gain is approximately 4 dB over the previous 96 kb/sec, rate 4/5 code with uniform energy on the OFDM symbols taking into account a 3 dB UEP gain. Denoting the two UEP error probabilities in band B and in bands A plus C PI and PII respectively, we estimate the following gains in channel SNR (E,/No) over the baseline rate 4/5 system given in Table 4 . We note from Table 4 , that for power profile b, the two error rate curves PI and PII are 4 dB apart. Based on our experience from the UEP results in [8] for 96 kb/sec audio coders, the overall system will be performance limited by PII. Table 4 : Combined approximate coding and power gain in SNR improvement with M = 6 rate 1/2 codes. The channel coding gain is 4 dB and with A4 = 8 it is 4.8 dB.
Note that the UEP in Table 4 is obtained using one and the same rate 1/2 code in both sections I and I1 with separate average power levels in the two sections. Thus for power profile a there is no UEP gain with this approach. A UEP gain can be obtained by employing two separate channel codes with rates higher (11) and lower ( I ) than 1/2 with an average rate of 1/2, [8] . This can, e.g., be used with a uniform 3 dB power increase over the entire sideband. The channel codes now have to be found by code search. Alternatively, also called FD UEP approach [8] can be taken, where the same rate 1/2 code is used in bands B and (A+C). In this case there is no gain on a uniform noise channel, but gains for first adjacent interference type of channels [8] .
Bit Error Rate Simulations
The above power and coding gains are based on the assumptions of perfect interleaving, coherent transmission, and an ideal additive white Gaussian noise channel at high SNR. In this section, we highlight results of extensive Monte Carlo simulations of the various multistream systems over additive white Gaussian noise as well as time-and frequency-selective fading channels. In all the bit error rate simulations, we assume an OFDM modem with 512 frequency subcarriers in a bandwidth of 400 kHz, corresponding to a single FM license band with carrier frequency located in the middle of the band. The modulation format is either coherent QPSK or differential QPSK (DQPSK) across frequency. The two sidebands used for digital transmissions each contain the outermost 80 subcarriers at a given band edge, and for DQPSK in frequency, an extra subcarrier in each sideband, closest in frequency to the center carrier, is used as a pilot tone. We employ two R = 112 convolutional coders and Viterbi decoders, denoted I and 11 as in Figure 3 , in each sideband. The interleaver size is roughly 300 msec.
We characterize the performance of the various multistream systems by estimating the bit-error rates PI and PII as functions of the average subcarrier SNR. When the simulation is properly normalized, this average SNR becomes E,/No, the energy of a QPSK symbol over the noise power spectral density (one-sided). Since the performance of stream I on the left and right sidebands will be the same, and similarly for stream 11, we present the results from only one sideband, and denote the bit-error rates as PI and PII.
We also evaluate the performance of the various power profiles, all using DQPSK in frequency, over several representative time-and frequency-selective Rayleigh fading channel models, referred to as EIA '(Urban Fast", EIA "Rural Fast", EIA "Urban Slow", and EIA "Terrain Obstructed, Urban Fast", whose multipath and Doppler parameters are given in [15] . We compare the results of an entire error event of the convolutional code is associated with only symbols transmitted on low power level tones, the performance is degraded. To obtain the "average power level" behavior of the code, the error events should typically consist of a mixture of high and low power levels. Fortunately, dominating convolutional code error events are typically short in nature. This insight combined with the requirements from the fading (time selective and frequency selective) will form the foundation for the interleaver design. Short of doing joint convolutional code and interleaver design, there is no absolute guarantee, that the average power level behavior will be achieved. A small loss may be incurred, see simulations in Figure 4 . 
Time Diversity Simulations
The multi-streaming capability of the PAC provides the radio link with reasonable time and frequency diversities as described in this section. We propose a novel timefrequency distribution of the PAC substreams which is highly robust against various channel impairments and fading conditions. The FM channel suffers from dispersion in both time and frequency domains. In time domain, very severe multi-path with delay spread ranges between 3 to 30 microseconds have been measured in urban and suburban environments. This broad range of delay spread corresponds to 30 to 300 kHz channel coherence bandwidth which is, at the upper limit, comparable to the signal spectrum thereby introducing flat fades for low delay spread channels such as dense urban environments. In a worst case scenario, no frequency diversity scheme can mitigate the severe flat fading which may extend across the whole spectrum of the radio signal. In frequency domain, frequency dispersion ranges between 0.2 Hz to 15 Hz for very low to very high speed vehicles. For static channels, such as a slowly moving vehicle, the channel varies very slowly in time and therefore, time diversity schemes cannot combat various channel impairments such as selective and flat fading conditions.
In our systems we try to achieve maximum diversity across both time and frequency dimensions within the allowable bandwidth and time delay using the multi-stream PAC format. This frequency distribution of the substreams is shown in Figure 3 . At the transmitter side, the substreams I and 11 are mapped across the upper band, and the complementary substreams I' and 11' are assigned to the lower band of the DAB signal with a 3 second delay.
We performed end-to-end simulation for t,he proposed multi-stream system under urban fast and urban slow fading channel models. In these simulations we have used 1024 tones over 400 kHz, 500 msec interleaving, rate 1/2 M = 6 coding and DQPSK in frequency. We considered PAC audio frames of 2000 encoded bits and analyzed the system performance in terms of frame error rate vs. signal to noise ratio. We utilized the 9-ray EIA model with 5.2314 Hz doppler for urban fast and the same EIA model with 0.1744 Hz doppler rate for urban slow in our analysis, [15] . The final results are listed in Table 5 and Table 6 . Note the robustness and graceful degradation.
DISCUSSION AND CONCLUSIONS
We have introduced a number of new ideas for improving HIBOC FM systems. Multistream transmission, multidescriptive audio coding, unequal error protection, nonuniform power profiles and sideband time diversity improves significantly the robustness of HIBOC FM. A very high quality audio is achieved when both sidebands are received. Graceful degradation is obtained in the presence of first and second adjacent interference.
Further improvements are obtainable by introducing the List Viterbi Algorithm (LVA) [18] in the receiver. The LVA is backward compatible with a system using a standard Viterbi Algorithm. Finally yet another dimension for generalization of the above ideas. In all the systems above we assume that the host analog FM signal and the digital OFDM signals are nonoverlapping in frequency. In [19] and [20] principles for simultaneous transmission of digital data and analog FM are described and evaluated. The basic idea is that since the transmitter knows the analog interference on the much lower (in power) digital signal, an adaptive precancellation algorithm can be employed to modify the digital signal so that the analog FM has no impact. Near optimum algorithms are presented in 1191 and simpler suboptimum realizable algorithms are given in [20] . Thus digital streams under the analog FM can in principle be added. For example, further enhancement of the audio or data bits.
